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JJ-22.01

Technical Specifications on Inter-connection Interface between Private SIP Networks

I .<Overview>

This standard provides connection interface specifications that are necessary when using
private number to specify and place a voice call to a destination by applying a
connection interface (interface C) between interconnected private SIP networks in a
network connection architecture conforming to JJ-22.00 The Guideline for the
Architecture of the Technical Specifications for Private SIP in TTC

This standard is also intended to simplify network management while maintaining a high
level of interconnectivity based on the premise that interconnected private SIP networks

confirm to this standard.
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4. REREEM
TERVNIT—VEMERER

m<Bx>
<BE>

1. #iER

2. EmmE
3. BEAA
4. F5AAK
5. EmEH

HTREHaa EEEH
TEEHDb FESETHIAYRT—2%EH RTP EEDERKIZOWNT

2/2

4. \Working Group that developed this standard
Enterprise Network Working Group
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